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(54) Abstract Title 

A pre-dlstorter for an amplifier with feedbacks with means for up-dating the pre-distorter while the 
amplifter Is in use, using the measured output power 

(57) A cartesian amplifier system for pre-dlstorting a signal to be amplified to take account of non-linearities 
and other non-ideal characteristics of the amplifier itself 

A signal to be amplified is divided Into quadrature and in-phase signal components in a digital signal 
processor 1. The processor 1 also pre-distorts the resoh/ed quadrature and In-phase components using 
various p re-distortion factors. These pre-distortion factors are derived on the basis of a feedback signal from a 
measurement 10 of the output signal power from the amplifier and on the basis of the signal levels of the 
pre-distorted resolved components themselves. These predlstortion factors are constantly updated, thus 
taking into account any shifts in the non-ideal characteristics of the amplifier. 

Fleur« 1 " Schematic Coitfi0uriit;ioii of a Carteoloit loop Transmitter 




This print incorporates corrections made under Section 117(1) of the Patents Act 1977. 

The print reflects an assignment of the application under the provisions of Section 30 of the Patems Act 1977. 
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Fl^ur^ 1 - Schematic Conf IguMtlcn of a CarteelM Loop TrmnenHtter 
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Figure 2 — Error Arieln^ In m Practfcul Linear Amplifier tvith FarAmctere A and q» 
Shown with Nominal Unity Gain and with Eqit^l Inpute* Ux Uy 




Fi0ura S — Coordinate Transformation for Rotation of Y-Axis by Angte q 
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Ff$ur« -4 — Outline of the Computatlonat Algorithm 
(PC KaB Coiwctlon dl»pe dbotvn) 
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Figure &A — Block Ptaflr^m of Signal Flowe Through P5P and Amplif ter 

, , (Without PC Prif t). Showing PSP Predietortlon Correction. 
All Slgnuld Shown sire ab \denUfied in tho Toxt. 
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Figure 5b — Plook Piagram of Signal FIowo Through PSF and Any lif ier 
(With PC PHft). Shoiving PSP Prodistortion and PC Prift 
Correctlone. 

All Signals Shown are as Identified In the Text. 
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ON-LINE CALIBRATION OF LINEAR AMPLIFIERS 

Tlie present invention relates to an amplifier system for continuously calibrating an amplifier. In 
particular it provides means for continuously calibrating linear radio frequency poww 
Lplifiers, typified for example by a Cartesi^ Loop Amp ifier. These types of ^pUfiers may 
serve to amplify either a single baseband signal input or a linear combination of baseband inputs 
occupying different parts of the audio frequency spectrum so as to implement a multi-camer 
amplifier. 

The need for linear amplifiers arises ftom the requirements of various government regulatory 
agencies for operators of radio transmitters to confine all components of the radiated spectrum to 
vrithin a particular bandwidth, which in modem requirement specifications may be little more 
than the total bandwidth of the baseband signal. Moreover, designers of such radio tr^mrtters 
may wish to minimise production costs by employing low cost Class C poww amplifier (PA) 
blocks which are inherently non-linear. In such circumstances, a feir degree of overall amplifier 
linearity may by achieved by the use of feedback techniques. 

The amount of linearising feedback that may be employ ed in such an amplifier is restricted by 
the well-established design rules for maintaining the stiabihty of a feedback device under aU 
expected conditions, such as component tolerances and temperature yanations. To meet the 
recuiatoiy type acceptance criteria Jot-very JoMcspurious radiation it is Aereforeoft^ 
to apply some auxiliary form of correction to adiieve and maintain the best performance. 

European Patent Application 933091 18.3 describes means for carrying out pwiodic calibration 
of a Cartesian Loop transmitter of this type. In applications usmg the present invention an imtial 
caUbration may be carried out with the technique described in the aforementioned patent 
application, or by some other one-off calibration applied dunng producUon test, or otherwise, 
prior to setting the amplifier into service. However, periodic cabbration is not smtable for some 
bplications. for example a continuously running data transmission, as it involves mteiruption of 
the transmitted agnal in order to perform each cabbration. 

The present invention therefore is intended to overcome or at least partiaUy alleviate these 
problems. 

According to one aspect of the present invention, there is provided an amphfier system 

comprising: . . .c j 

(a) an input for a signal to be amplified; 

(b) a power amplifier for amplif^g the input signal; 
fc") feedback circuitry around the power amplifier; 

(d) a signal pre-processor for pre-distorting the input signal in acconlance with the value of 
at least one pre-distortion factor; 

(e) means for measuring the output signal power; and „„ *t,^ 

(f) means for updating said at least one pre-distortion factor dunng use of said system on the 
basis of the pre-distorted input signal and the signal level measured by the means for measunng 
the output signal power. 

According to another aspect of the present invention, there is provided a cartesian amplifier 
system comprising: 

(a) an input for a signal to be amplified; 

(b) a power amplifier for amplifj^ng the iiq>ut signal; • u i,. 

(c) a cartesian loop feedbadc circuitry around the powier amplifier having a pair of channels 
for processing quadrature and in-phase signal components and being arranged to dnve the power 
amplifier with a signal derived &om tfie sum of the quadrature and in-phase signals fix)m the 
respective outputs offiMward paths of those chaimels; , . . r 

(d) a signal pre-processor for pre-distorting resolved quadrature and in-phase components ol 
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the input signal in accordance with the value of at least one pre-distortion factor; 

(e) means for measuring the output signal power; and 

(f) means for updating said at least one pre-distortion factor during use of said system on the 
basis of the pre-distorted input signal and the signal level measured by the means for measuring 
the output signal power. 

Preferably the means for updating said at least one pre-distortion factor include means for 
calculating secondary factors on the basis of the pre-distorted and measured values and updating 
said secondary factors a pre-determined number of times using an iterative process, prior to 
updatmg said at least one pre-distortion factor. Then the system may further comprise memory 
means contaimng initial values for said secondary factors. 

The at least one pre-distortion factor may comprise a factor to allow for differential gain 
between the quadrature and in-phase components of the input signal and/or a factor to allow for 
non-orthogonality of the quadrature and in-phase axes. 

Said at least one pre-distortion factor may include a factor to pre-distort to allow for a drift of the 
DC operating point in the amplifier system. 

The system may also further comprise quadrature mixer means and in-phase mixer means; and 
said at least one pre-distortion factor may include a factor to compensate for non-linearity of said 
mixer means. 

The cartesian loop advantageously may include: an error amplifier for said pair of channels for 
Mnplifying the differences between i) the quadrature and in-phase components, respectively of 
the resolved input signal from the pre-processor and ii) their respective feedback signals; and 
means for obtaining quadratiure and in-phase components of the amplified signal for the ' 
respective feedback signals, to be applied to the inputs of the error amplifier. 

The power amplifier is preferably an RF power amplifier, with the cartesian loop further 
comprismg a fi^equency up-converter for converting the outpxrt of the quadrature and in-phase 
channels of the error amplifier to RF to drive the power amplifier, and a frequency 
down-converter for fi^uency down converting the output of the power amplifier to baseband 
prior to said output being resolved to said quadrature and in-phase feedback signals. 

TTie present invention provides means for continuously identifying, in nomial on-line operation, 
the parameters of a radio frequency amplifier which contribute to its residual distortion products. 
Additionally the invention provides means for deriving an optimal pre-distortion of the baseband 
signal in order to minimise the output distortion products of a radio frequency amplifier. 

The preseiit invention therefore allows a linear amplifier to be continuously calibrated while 
on-line, using the actual transmitted signal as a stimulous for providing parameter identification. 
The adverse effects of out of tolerance parameters are then corrected on-line by means of driving 
the amplifier with a precisely calculated pre-distorted version of the original baseband signal. 

The invention will be further described by way of non-limitative example with reference to the 
accompanying drawings in which: - 

Figure 1 is an overall block diagram of a Cartesian Loop transmitter embodying the present 
invention; 

Figure 2 is a diagram illustrating the main errors in a practical linear amplifier; 

Figure 3 is a diagram illustrating the co-ordinate transformation for rotation of the Y-axis by 
angle q; 
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Figure 4 is a flow chart iUustrating an outline of the computational algorithm for updating the 
basic pre-distortion parameters; 

Figure 5 is a block diagram illustrating the signal flow through the transmitter with 
pie^istortion allowing only for amplifier distortion; and 

Fiome 5b is a block diagram illustrating the signal flow through the transmitter with 
pSto^tlon Stowing for amplifier distortion and DC drift correcUon. 

Tjecoi^g^ationofat^i^^^^^^ 

^^riS^bSl^VinpKthe DSP 1 and the output of this power amplifier 6. 

in phase by 90o with respect to the local oscillator feed to the in-phase mixer. 

The outputs from the radio frequency down converter nuxers 9a, 9b are ^plied rea)ectiYely to 
5^f^& iSSiS^fAe quaLtuiJ and in-phase baseband error amplifiers 3a, 3b. 

^^^^:i^^S!^^SA1^VoJr, mssi^isfedbackt^ 
aSgue to digital converter for use m performmg pre-distortion. 

Figure 1 also shows the processed baseband siF^con^^nte fromflie D^l^^ ^ 

fe^aSSilt^TuSpSreMe^^^ 

SiSedSSSidlignJfs proc^sed and output by the DSP are generat^ toany «qm^ 
wXwi^ver the transmitter power output measurement device 10 is assumed to Mve a 

instantaneous power output withm the iteration penod of the Dbl*. 

p. « ^„t^ chows a schematic configuration. In a practical implementation additional 

stabi^ty of the feedback circuit. These components are omitted fiom Figure 1 lor claniy. 
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Tlujoughout the following text the convention used is that vectors and matrices are presented in 
bold type, and all vectors so represented are column vectors. Where a row vector is required it is 
shown as the transpose of a column vector by use of the superscript T. 

The power output of a linear amplifier is simply related to the magnitude of the in-phase and 
quadrature components (v. ^d v respectively) of the output of the composite signal emercine 
from the summmg junction 5 and passing together through the PA block 6. After the sumiiine 
junction 5 and at the output of the PA block 6 these in-phase and quadrature componenteTe not 
powwoS^ut " combmation may be measured indirectly through the resulting 

Measured power output: w = G__(v__2 + v2) 

where G„ is a scale factor which aUows for the characteristics of the measuring device. 

For an ideal noii-distorting linear amplifier with a voltage gain G„ as measured from the in-ohase 
and quadrature dnvmg outputs of the DSP (u. and u, resl«&ively5 to the componeSs of the^ 

V = G^u, and v = G^u (2) 
In vector fomi, equations (1) and (2) may be expressed respectively as 

w = G„vTv (la) 

and v = G,u (2a) 



inwiiich 











u = 




and v = 





















However, distortion occurs in a non-ideal, practical amplifier. A model of the main errors 
ansmg m a practical radio frequency amplifier is iUustrated in Figure 2 in which the gain of the 
in-phase path is. for aiiiphcity, shown as unity and having equal inputs, u^ = Uv. The quadrature 
si^ path is assumed to have a gam A (where A « 1). and the quadratur?axis is assxuned to be 
not exactly orthogonal to the m-phase axis by a small o£&et angle (q). The vector c in Figure 2 
shows the correction which would need to be added to the actual amplifier output in order to 
provide an undistorted final result. For an ideal amplifier the power output would be 
pn^rtional to (OR>. For a practical amplifier, it is proportional to (OS)». 

However the provision of such correction at the level of the power output of the amplifier is 
JSi t<>.?fhieve and so this invention employs anovel application of parameter identification 
coupled with dnve level pre-distortion to achieve the same end, as follows. 

A more general form of equation (2a) in vector-matrix form, given amplifier voltage gain G., is: 

v = G.Mu (2b) 

in whkh the matrix M incorporates the en:or-producing elements (A and q) of an imperfect 
amplifier. As will now be shown, if the elements of M are identified the ^P 1 can be forced to 
output a version (u) of the amplifier driving vector pre-distorted by M-« such that for the in-phase 
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and quadrature components of the original baseband signal (s): 

u = M ' s O) 
Substituting u from equation (3) into equation (2b) gives 

V = M M » s 

and hence the undistorted output v = G. s is thereby achieved. 

The amplifier distortion matrix M may be considered as comprising two matrices and M, 
where M = M, M, 



in which M, is a stretching matrix to allow for the differential gain (A) in the quadrature axis, 
and Mjis a rotation matrix to allow for non-orthogonality of the axes. 



By inspection;- = |v ^ j and from Figure^Sv M ■ = j^J J ] 

Hcnc. M.M. = [i I] [; ^] 

andso M - [; 2] 

The required predistortion matrix is, M-' = A-' (5b) 
while, for later use, ° [i a] 

For the identification process, the substitution of v fiom equation (2b) into equation (la) gives 

w = G„G.» (Mu]T(Mu] 
Therefore w = G„ G.^ ut pVfT M] u (6) 

and from equations (5a) and (5c): M'M = j^^ j^J 

Therefore, ignoring torms. in q», M»M = 

Hence, equation (6) becomes w = B |^ j u (7) 

where in equation (7) B = G„G.» (8) 



From equation (8). if the power measurement device 10 has a known and reliable calibration 
gain G„(save possibly for a standard error o) the amplifier gain (G.) may at any time be 
calculated fiom a knowledge of the factor B. e. \ jr oujr umc oc 

The essential on-line identification problem is therefore to detennine the parameters A B and a 
These are not direcUy measured, but must be indirecUy estimated. In this invention thi's task is 
implemented through the use of equation (7) as foUows. 



Expanding equation (7): w = B (u 



c v] [;■] 



Therefore w = B (u^* + A» u^^ + 2q u u^ (9) 

By comparing the form of equation (9) with that of equation (1) it may be noted that distortion 
produ^ give rise to an additional term in the amplifier power output proportional to (u u ) 
Now, the nght hand side of equation (9) may be written as a product of two vectors thus- 



w = (u.^ u/ u u^ 



r B 

2qB 



(10) 



With a change of variables, equation (9) may be recognised as being in the following vector 
form for the i'' power measurement: 



w. = h.Tx 



(11) 



in which the elements of h, are defined at the time of the.i* measurement by combinations of the 
Jcnown outputs of the DSP, as contained in the row vector of equation (10), and the elements of 
X (wluch are x„ x,, xj correspond with the elements of the column vector of equation (10) 
containmg the parameters to be identified. H"«"""V»".f 

For any number of measurements, which could widi advantage be very large, equation fl n mav 
be wntten m vector matrix form as ^ o > ^ \ j j 

w = Hx (12) 
where H is a matrix comprising the row vectors 00 involved in each respective measurement. 

When the three elements of x are overdetennined, equation (12) may be solved provided that 
I Ht H 1 9tO by premultiplying each side of the equation by Ht and rearranging to give 

X = [HrH}>HTw (13) 

However, if there are m measurements the matrix (Ht H] is of size m rows by m columns whose 
inversion would become a heavy computational load on the DSP arithmetic unit as m increases. 
To avoid all rieed for on-hne matrix inversion, the following recursive computational procedure 

^M^lTx^ftmi^^it'' ''^^^''^ ^ " "^"^^ ^"^^^^^^ Engineers", by 
Whenever a new power measurement (wj is taken, an update (xj to the currentiy estimated 
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value of X based on (n-1) measurements is formed by a combination of the current value and a 
weighting of the new measurement, thus: 

X = x + k(w -hTx) (14) 

where h is the column vector formed from the row elements of H involved in the m 
measurement, and k is a vector weighting factor applicable to this measurement. This weighting 
factor is defined by 

k = Ph(hTPh+ 1>' (15) 

In equation (15), P is the covariance matrix of the solution at the (n-1)* measurement and 
represents the current error in estimation of x. A formal method for calculating the startmg value 
for P is also derived in "State Variables for Engineers" referred to above, but this is usually best 
determined by simxilation and test on the taiget amplifier. 

After a measurement has been incorporated by equations (14) and (1 5), P is updated for use in 
the next measurement by 

P_ = P-khTP (16) 

After any number of measiffements, the most recent value of x computed as above may be used 
to calculate a revised best estimate of the parameters A, B and q, where from equation (10) 

X, s B X, ^ BA^ and x, = 2qB (17) 
Hence, A = (x,/x,)o.^ B = x, and q = O.SXj/x, (18) 

and from equations (8) and (18) = (x, / GJp^ (19) 

Thus the two parameters A and q required for the elements of the pre-distortion matrix (M-») 
have been identified, together with the amplifier ^in,G . The input signal can then be 
pre-^ortedacGdrdingly in theDSP 1 as^^^^ computational techmque is 

summarised in block diagram form in Figure 4. 

In a typical application of this invention the baseband signal may, for example, have a 
bandwidth of 5kHz or less so that, to meet the Nyquist sampling criterion, the update rate for 
outputs ftom the DSP may be in excess of 10,000 samples per second. Any of these samples 
may be used in conjunction with a coincident power measurement to update x via the recursive 
relations given by equations (14), (15) and (16). However, as the amplifier parameters are not 
normally likely to change much in under a few tens of seconds it is only necessary to update the 
recursive equations, by way of example, for about 1% of the DSP samples in order to have 
several hundred measurements before updating M-i. Moreover, it is desirable not to incorporate 
new measurements too frequently or at at equal intervals of time, but to select samples for 
measurement based on criteria that: 

(a) The DSP drive (u) has components for which the magnitude of the product |u uj 
exceeds some threshold value, so as to optimise the effectiveness of the measurement 
in capturing relatively high magnitudes of the power contained in distortion products. 
This point is illustrated in the text following equation (9). 

(b) The measuremaits are not too close together in time in order to keep the contributions 

to the recursive equations linearly independent of each other. This is equivalent to stating 



, ^pzo*»s>3zo tiiitg.f/A\. ^V 3 D< j*»^j^o.c pcj ^ page \^ OT ^^ 
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that the measutement samples should be taken at a lower rate than the Nyquist rate for 
tfie dominant frequency component of the DSP drive signal. 

In the case where simulation has enabled errors involved in the powa- measurement device 10 to 
be characterised by its standard deviation (a), which may be a function of the magnitude of the 
measurement, the gam k in equations (14), (15) and (16) may be replaced by the Kalman sain 
(K) based on the principles described in the paper "A new approach to linear filtering and 
prediction problems" by RE Kalman, Journal of Basic Engineering, March 1960. Inliis event 
equation (IS) becomes « event, 

K = P h (h^P h + a»>' (20) 

In the case where the amplifier parameters are slowly changing the techniques described herein 
may be used to track changes in the parameters and to update the pre-distortion matrix at 
penodic intervals dependent upon the likely rate of change of the parameters, as determined bv 
simulation and tesUngofthe target amplifier design. "»*cu uy 

With reference to practical implementation of the identification process, the amplifier radio 
frequency output power (w) is characterised in the most simple case described herein bv 
equation (9): .. ' 

w = B(uJ + A^ui + 2qu up (9) 

where the output power is generally at a very much higher frequency than the baseband input 
signal which has instantaneous components u^ and Uy as generated by the DSP. 

By way of example, in a typical mobile radio application the maximum audio frequency 
contamed withm the mput baseband signal may often be less than 4kHz, whereas the radio 
frequency ou^ut signal may be often be greater than 200MHz. This represents a typical 
frequency ratio of 1 :50,000 or more. Hence, if the radio frequency power is measured over a 
duration of, for example, 100 cycles of the output waveform of the ampHfier, the input wiU only 
change by l/500th of a cycle over this duration. Therefore, the sampled values of the inputs u, 
and Uy may generally be assumed as constant inputs over the duration of such an output power 
measurement Moreover, the duration of the ou^ut power measurement should be equally 
distnbuted before and after the sampling instant of u. and u to ensure that the measured output 
power best represents the consequence of the given input, blowing for transmission delay 
through the amplifier where appropriate. 

In Ml implonentaliori where the assumption of the previous paragraph cannot be reliably held 
each side of equaUon (9) may if necessary be integrated (i.e. by summation of the data samples) 

over a longer duration of power measurement, provided that the duration of the power 
measurrartent is still very much less than the period of the highest frequency component of the 
baseband waveform. This restriction is necessary because the integral of the product of the 
orthogonal signals u, and u^ is zero over any complete number of cycles. 

Figure 5a shows in block diagram form the signal flows through the ampKfier together with the 
DSP pre-distortion as herem described. Clearly, for the case so described, the amplifier 
distorfaon M is cancelled by the DSP pre-distortion M " of baseband input signal s. leaving the 
wanted linear amplifier gain, G,. o- . e> 

However, in sonae amplifier implementations an additional problem may arise from 'drift' of the 
DC operatmg point of the input error amplifiers Gtems 3a and 3b of Figure 1). This is exhibited 
by a spunous DC bias mput vector b which may be nearly compensated for by a DSP correction 
-b. that IS required to be identified. This case is illustrated in Figure 5b where the uncompensated 
residual bias b (havmg components b, and b ) is seen to be be given by 
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b = b -b 



From Figure 5b it may also be seen that the total effective drive signal vector U into &e 
amplifief is the sum of the residual bias and the pie-distorted baseband signal u so that 



amplifii 



U = u + b 



(21) 



The amplifier parameter identification process now needs to be carried out between the effective 
Sw^^S iidft^resulting power oi^ut. This may be done by substitutmg U for u m 
equation (10). 



Hence, 



w= [(u, + b,)^ (u+b^ (u+b,X^+b,)] 



BA 
2qB 



(10a) 



Expanding equation (10a) and collecting terms gives 



w = [b,» b/ b. b ] 



B 

BA^ 
2qB 



+ [U = 



U. 



Si 



B 



2qB 
2B(b,+ qby) 

2B(A^.by + q^) 



So that 



w = 



u 



B 

BA^ 
2qB 
2Bb 

X 

2BA^-b 



yj 



(10b) 



where in equation (10b) the second order of small quantity tenns^b^ and qb. have beenignoied 
Jnd Se teiSi w, coritaii4 only the parameters b„ b,, B, A and g. These are Jie current best 
estimate values which are assumed fixed during any penod of parameter identification. 

It may then be noted that equation ( 1 Ob) may be recast as 



w=ru2 u^ uu 



U 



«, 1] 



BA' 
2qB 

aBA^b, 



(lOc) 
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Hence, equation (10c) may be written in the form 



w 



u 



1] 



(22) 



so that, for any given power measurement, equation (22) has the form of equation (11), and 
the x.(i - 1, 6) may be identified from the on-line signals by similar means. However, the 
parameter (= simply indicates a fixed part of the power output caused by the residual 
DC bias and is not further used in the identification process. 

By equating elements one to three, respectively, in the column vectors of equations (10c) and 
(22), the values of B, A, q and G.are seen to be as defined by equations (17), (18) and (19) 
The identified values of parameters A and q are then used to update the pre-distortion matrix 
M-«. 

Additionally, by equating the fourth and fifth elements of the column vectors, the residual 
DC bias errors are calculated as: 



b. = x,/2Xj (23) 

and b =x,/2x, (24) 

These values of b, and b^ are then used to update the DC bias correction b mjplied by the 
DSP as shown in Figure 5b, thereby reducing any residual bias. 

A special case arises where a linear amplifier is used to amplify a baseband signal of the type 
known as Transparent Tone In Band (TTIB), the generation of which is described in GB 
Patent Publication Number 2,161,66 1 . In this kind of application the baseband signal has an 
inherent DC component which is required to be preserved through the linear amplifier so as 
to cause it to output a continuous low level radio signal at the centre of the occupied 
bandwidth, and known as the 'reference vector* tone. For such case the residual DC input bias 
IS not required to be zero, but instead is required to be set at a level determined by the wanted 
power output of such tone and the identified gain G, of the amplifier. 

Ill the most gener^ case^ere a linear amplifier as described herein is used as a multi-carrier 
amplifier, the calibration means described heretofore may not always be sufiRcient to ensure 
that the residual distortion caused by intermodulation of the individual baseband signals is 
sirfFiciently small. This type of distortion may, for exan^jle, occur as a result of non-linearity 
of the mixers conqxrising Items 4a, 4b, 9a, 9b of Figure 1 . 

In comparison with equation (2), a DSP drive input signal s to either the in-phase or 
quadrature channel may in such circumstances be characterised by an output fix>m the 
respective chaimel in terms of a Amotion of the form 



V = G^(s + gjS2 + g,s» + ,..) 



(25) 
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in which g,and g„ etc, are gain factors associated with the respective components s»and s». 



etc. 



In equation (25) the DSP drive input s to the amplifier represents the total dnye signal before 
U^SSon. and at the output it appears that spurious inputs and fes^, etc have been 
ntt(SS T^edrive input may theVrfoie be pre-distorted so as to produce a rdatively 

Stated amplifier ou^t by means of subtraction of these distorUon terms from Ae 

undistorted input drive, provided that the distortion gain parameters g, and g„ etc, are 

identified with sufficient accuracy. 

Without loss of generality as to the means hereinafter adopted, it will be assumed for 
simpUcHy of description that the main source of intermpdulation distortoon ^ses from the 
cS tS of equation (25). for example, as in a typcal amplifier implementation using 
double-balanced nuxers. Hence, equation (25) may be approximated by 

V = G.(s + gs3) (26) 

where in equation (26) the unnecessary subscript on g has been suppressed. Moreover, it is 
^tSSLtkc cubic teim normally contributes only alow level of J^^^io" ""^P^riTn^ 
^Athe level ofthefimdamental output signal (G.sX so that g << ^J^I^^^^P^'''''^^ 
be described are, as preyiously,.first parameter identification and then pre-distordon. 

It is observed that the total drive signal (u of equation (2a)) into Ae amplifier now comprises 
the teSbrSets on the right hind side of equation (26), so that the elements of the 
vector u, are: 

«=s. + g.s.^ and = s, + g,s/ (27) 

In equation (27) the subscripted terms g. and g, now designate the respective ga«j5^?^,f 
Se cubic contributions of the drive inputs to the in-phase and quadrature axes, respectively. 

Hence, substituting u from equation (27) into equation (9) and expanding gives 

w = B [s,?.+ S2 + 2q s. s, + (2g. s,i.+ 2Ai g, v)! <^*>- 

wheie in equation (9a) expansion terms involving second order small Jh!!^^''' 
and q g,, Sc, are neglected. By comparing equation (9a} with equation (9) it is seen that 
equ^OTi (9a) contains two additional terms involving the cubic gam factors. 

Following tiie development of equation (9). equation (9a) may then be written as tiie projfaj 
of tw^-dininsional vectors. One of these vectors contains elements which are functions of 
s, and s . The otiier vector (x) has elements which are combinations of the unknown 
parameters B, A, q, g., g^. 

The parameter identification process follows as previously described by Aei^e of equations 
(1 1) tiirough (15), followed by steps similar to equations (17) tiirough (20). However, starting 
Values for the pa^eters g. and g^ also need to be defined for an.a^^^^ 
shown in Figuir4, and if tiie testing of samples of the target amplifier has not been able to 
define consistent starting values for tiiem it may be assumed imtially that they each have 
magnitude zero. 

At tiie stages in tiie computational algorithm when tiie five unknown parameters have been 
calculated from a sufficiently large number of output power measurements, the dnve signal 
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into the amplifier may be pre-distorted to force a linear output the following means. 

To illustrate the pre-distortion means, the elementary case of a single-input, single-output 
amplifier is first described, as characterised by equation (26) above. In this case the required 
hnear output (v^ is, simply given by 

= G. s (28) 

To obtain such output with the transfer function of equation (26) a correction (c) to the actual 
output (v) is needed, such that «».iu«i 



c = v,-v 



(29) 



Hence, output correction required: c = - G, g sj (30) 

Therefore, to a first order approximation, ignoring cubic distortion of the distortion 
component, the input correction is 

c, = (G.>'c = -gs» (31) 
Thus, the required pre-distorted drive signal (u) is approximated by 

u = s-gs' (32) 

Proof that equation (32) provides the appropriate drive is demonstrated by substitutine u 
from equation (32) in place of s in equation (26). 

Thus V = G.[(s-gs») + g(s-gs»)»l (33) 

Expanding equation (33): v = G, [s-gsJ + gsJ + .-.J 

Hence, ignoring high order distortion terms involving the small quantities g*. g', etc, 

V = G, s as required 

Pre-distortion of the in-phase and quadrature drive signals for a Cartesian Loop, or other 
Imear amplifier follows similarly to the single-input, single-output example just given, except 
that Ae sigiials are npw presented m vector form and that the amplifier is also considered to 
erfiibit a calibration distortion characterised by the matrix M. Otherwise, the approach 
follows the sunplified example of the single-input, single-output amplifier, and so the 
sS?^ equations are, by way of comparison, given the same numbering with a letter 

Consider Figure 2, which shows the correction c required to the amplifier output voltaee in 
order to realise an undistorted output. For true linearity, the unobservable output vector (v ) 
repre^nted by the line OR, is required to end at point R in the figure, where for an amplifier 

'^R = G. s (28a) 

in which s in this case is the baseband signal, undistorted by any cubic terms. 

However, the actual, but unobservable, output vector (v), represented by the line OS ends at 
some pomt S, where ' 
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gx o" 






V = G. M s + G, M 


0 gy 







(26a) 



The required oiitput correction is: c = v^-v 

Substituting for and v into equation (29a) gives, where I is the unit matrix: 



(29a) 



Output correction required 



c = G.[I-M]s-G.M 



"8, 0- 













(30a) 



Hence, Input correction, c, = [G. M] ' G. [I - M] s - [G. M]-' G. M 



Sx 0' 













(31a) 



Therefore, c, = [M-«-I)s - 


"8x 0' 















But predistorted input 



c, + s 



(31b) 
(32a) 



Hence, required drive 



u = M-> s - 









0 gy 







(32b) 



As may be seen from equation (32b), once the magnitudes of the distortion gam terms, g;, and g^ 
have been identified the conrection to the input drive is a straightforward subtoactiye process _ 
similar to the previously desaibed bias correction. Finally, it may be noted that when g, - g, - 0 
equation (32b) reverts to equation (3)1 

To those skilled in the art it is clear that the processes herein described may be extended to 
include the simultaneous identification of: the distortion gain terms (g^ and g,), the residual bias 
terms (b and b ), the amplifier gain (G.), and the elements A and q of ttie distortion matrix M by 
means oi'an 84imension vector equation given by the general form of equation (1 !)• The seven 
identified parameters may then be used as herein described to compensate an imperfect practical 
amplifier for: the combined effects of tiie distortions caused by diffCTential gain between ttie 
in-phase and quadrature axes and non-orthogonality of the axes, to null (or, for TTIB, to set) any 
residual DC input bias, and to remove the effects of harmonic distortion such as may be caused 
by cubic t«ms (or other non-linear terms) in the transfer function of components of the amplifier 
such as in the mixer elements. 
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CLAIMS 

An amplifier system comprising: 

(a) an input for a signal to be amplified; 

(b) a power amplifier for amplifying the input signal; 

(c) feedback circuitry around the power amplifier; 

(d) a signal pre-piocessor for pre-distorting the input signal in accordance 
with the value of at least one pre-distortion factor, 

(e) means for measiiring the output signal power; and 

(f) means for updating said at least one pre-distortion factor during use of 
said system on the basis of the pre-distorted input signal and the 
signal level measured by the mean& for measuring the output signal 
power. 

A cartesian amplifier system comprising: 

(a) an input for a signal to be amplified; 

(b) a power amplifier for amplifying the input signal; 

(c) a cartesian loop feedback circuitry around the power amplifier having 
a pair of channels for processing quadrature and in-phase signal 
components and being arranged to drive the power amplifier with a 
signal derived from the sum of the quadrature and in-phase signals 
from the respective outputs of forward paths of those channels; 

(d) a signal pre-processor for pre-distorting resolved quadrature and in- 
phase components of the input signal in accordance with the value of 
at least one pre-distortion factor; 

(e) means for measuring the output signal power; and 

(0 means for updating said at least one pre-distortion factor during use of 
said system on the basis of the pre-distorted input signal and the 
signal level measured by the means for measuring the output signal 
power. 



OB:^a4a5<!»iT!Le7/A:\vj B^a4a &;;B.cpci 



-15- 



10 



3. A system according to claim 2, wherein the at least one pre-distortion 
factor comprises a factor to allow for differential gain between the-quadrature and in- 
phase components of the input signal and/or a factor to allow for non-orthogonality 
of the quadrature and in-phase axes. 

4. A system according to claim 2 or 3, further comprising quadrature mixer 
means and in-phase mixer means; and 

wherein said at least one pre-distortion factor includes a factor to compensate 

for non-linearity of said mixa- means. 



5. A system according to any one of claims 2 to 4, wherein the cartesian loop 
includes: 

an error amplifier for said pair of channels for amplifying the differences 
between i) the quadrature and in-phase components, respectively of the resolved 
15 input signal from the pre-processor and ii) their respective feedback signals; and 
means for obtaining quadrature and m-phase components of the amplified 
signal for the respective feedback signals, to be applied to the inputs of the error 
amplifi^. 

20 6. A system according to any one of claims 2 to 5, wherein the power 

amplifier is an RF power amplifier, the cartesian loop further comprises a frequency 
up-converter for converting the output of the quadrature and in-phase channels of the 
error amplifier to RF to drive the power amplifier, and a frequency down-converter 
for frequency down converting the output of the power amplifier to baseband prior to 

25 said output being resolved to said quadrature and in-phase feedback signals. 

7. An amplifier system according to any one of the preceding claims, wherein 
themeansforupdatingsaid at least one pre^istoilion.factoEincludemeans^ 
calculating secondary factors on the basis of the preKtistorted and measured values 
30 and updating said secondary factors a pre-detennined number of times using an 
iterative process, prior to updating said at least one pre-distortion factor. 
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8. A system according to claim 7, further comprising memory means containing 
initial values for said secondary factors. 

9. A system according to any one of the preceding claims, wherein said at least 
one pre-distortion factor includes a factor to pre-distort to allow for a drift of the DC 
operating point in the amplifier systan. 

10. A system according to any one of the preceding claims, wherein said at least 
one pre-distortion factor includes a factor to pre-distort to allow for harmonic 
distortion. 

11. An amplifier system constructed and arranged to operate substantially as 
hereinbefore described with reference to and as illustrated in the accompanying 
drawings. 



12. A cartesian amplifier system constructed and arranged to operate 
substantially as hereinbefore described with reference to and as illustrated in the 
accompanying drawings. 
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